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@) Voice directed communications system employing shared subscriber identifiers. 



@ The use of subscriber identifiers in a voice 
directed telecommunications system employing 
automatic speaker recognition is enhanced 
such that a group of subscribers may share the 
same identifier. This is done by storing speech 
models of group members' speech signals 
characterizing the identifier. Then, in response 
to receipt of a telephone call in which a caller 
utters the identifier, determining from those 
speech models whether the caller is a particular 
member of the group. 
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Technical Field 

The invention relates to automated telephone 
services employing automatic speech recognition 
and, more particularly, relates to associating a group 5 
of subscribers with the same identifier. 

Background of the Invention 

Telephone credit or calling cards, although con- 10 
venient, are susceptible to being compromised by po- 
tential unauthorized users. Indeed, fraudulent use of 
such cards has become a problem. To combat such 
fraudulent use, telecommunications systems may 
employ automatic speech recognition to verify the 15 
identity of a caller who is charging a call to a credit or 
calling card. Typically, such verification is based on 
the caller uttering an assigned subscriber identifier. 
The assigned identifier may be composed of a num- 
ber of digits, for example, seven digits plus a number 20 
of so-called check digits, e.g., two check digits, and 
is typically used to index indirectly an associated sub- 
scriber record stored in memory. It can be appreciat- 
ed that if such a fraud prevention scheme proves to 
be popular with telephone callers, then the number of 25 
callers who subscribe to the service could exceed the 
number of available identifiers. This situation may be 
addressed by increasing the number of digits forming 
an identifier, thereby increasing the number of avail- 
able identifiers that may be assigned to subscribers. 30 
Herein lies the nub of the problem. On the one hand, 
the number of digits forming an identifier should not 
be large, since subscribers may find it difficult to re- 
member their respective identifiers. On the other 
hand, the number of digits forming an identifier may 35 
have to be increased to accommodate a large number 
of subscribers. 



Summary of the Invention 

We deal with the aforementioned problem and 
achieve an advancement in the art by allowing, in ac- 
cordance with the invention, a number of different 
subscribers to share the same identifier. More specif- 
ically, we store in memory for each subscriber an as- 
sociated voice template characterizing an assigned 
identifier. Accordingly, then, the identity of a subscrib- 
er is verified by comparing the subscriber's speech 
signals characterizing his/her assigned identifier with 
the associated stored template. If the subscriber's 
identifier is shared with other subscribers, then the 
verification is based on a particular one of the asso- 
ciated linked templates. 

A subscriber may be associated with groups of 
voice templates respectively characterizing voice- 
identified calling labels identifying respective tele- 
phone numbers and voice-identified billing labels 
identifying respective billing accounts. Accordingly, 
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then, once the subscriber's identity has been verified, 
then he/she may place a call to a particular destina- 
tion and bill the call to a particular billing account by 
merely uttering the associated calling and billing lab- 
els. 

A subscriber may enter an associated identifier 
using signals other than speech signals, for example, 
telephone keypad signals. If that is the case, then the 
subscriber's identity is verified based on the sub- 
scriber's speech signals characterizing a series of 
randomly selected numbers that the subscriber is re- 
quested to utter. 

Brief Description of the Drawing 

In the FIGs: 

FIG. 1 is a block diagram of a communications 
system in which the principles of the invention 
may be practiced; 

FIG. 2 is an illustrative example of linking partic- 
ular subscriber records to one another; 
FIGs. 3-5 is a flow chart of a program which im- 
plements the invention in the system of FIG. 1; 
FIG. 6 shows the manner in which FIGs. 3-5 
should be arranged with respect to one another; 
FIG. 7 is a layout of a subscriber record that is 
stored in the reference database of FIG. 1; 
FIG. 8 shows the layout of the customer profile 
database of FIG. 1; 

FIGs. 9 and 10 show a block diagram of an alter- 
native embodiment of the communications sys- 
tem of FIG. 1; and 

FIG. 11 shows the manner in which FIGs. 9 and 
10 should be arranged with respect to one an- 
other. 

Detailed Description 



Voice Directed Communications System (VDCS) 
100 shown in FIG. 1 includes a number of functional- 
ities which operate in concert with one another to 
identify a caller from the caller's speech signals re- 
ceived via communications path 11 or 12. Such iden- 
tification is based on comparing a model of the re- 
45 ceived speech signals with a model that was original- 
ly constructed at the time that the caller subscribed 
to the inventive service and that is thereafter updat- 
able in the manner discussed below. 

In particular, a telephone user, e.g., the user as- 
50 sociated with station S1 , may subscribe to the servic- 
es offered by VDCS 100 by dialing a predetermined 
subscription telephone number, e.g., 1-800-836- 
5555. When the user dials the last digit forming that 
number, then Central Office, CO, 225 associates the 
55 dialed number with public communications network 
200 and extends the call thereto via path 226. In do- 
ing so, CO 225 sends the dialed (called) telephone 
number as well as the calling telephone number to 
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network 200. Network 200 f which may be, for exam- 
ple, the AT&T public switched network, extends the 
call connection, in a conventional manner, to a net- 
work 200 destination switch (not shown) that con- 
nects to VDCS 100. The network 200 destination 
switch, in turn, extends the call via a selected one of 
trunks 11 and 12 connecting to switch 10 of VDCS 
100. The destination switch then supplies the calling 
and called telephone numbers to switch 10 via the se- 
lected trunk. 

Switch 10, in response to the incoming call, 
sends a message containing, inter alia, the calling 
and called telephone numbers and identity of the se- 
lected trunk to host processor 5 via bus 6. In an illus- 
trative embodiment of the invention, host processor 5 
and switch 1 0 may be, for example, the StarServer FT 
processor available from AT&T and the model 
SDS 1000 switch available from Summa Four, respec- 
tively. 

Host processor 5, responsive to the switch 10 
message containing the associated subscription tel- 
ephone number, directs switch 10 via bus 6 to estab- 
lish a connection between the incoming call connec- 
tion and one of a plurality of attendant (operator) pos- 
itions 15, one of which is shown in the FIG. At that 
point, the attendant 15 may communicate with the 
station S1 caller to acquire information relating to the 
billing and processing of calls that the new subscriber 
will subsequently place via system 100. Such infor- 
mation may include, for example, the caller's name, 
address, billing account etc. As a result of such com- 
munication, the caller is assigned an account code 
comprising a predetermined number of digits, some of 
which, e. g., the first seven digits, may be selected by 
the caller. The remaining digits of the account code 
are selected by system 1 00 and are used as so-called 
"check" digits. 

The new subscriber's account code may be a 
code that has already been assigned to another sub- 
scriber. If that is case, then host 5 causes that fact to 
be displayed on terminal 15. That is, terminal 15 dis- 
plays on its display the service profile, or record, as- 
sociated with a particularone of the other subscribers 
that will be sharing the same account code with the 
station S1 subscriber. At that point, the attendant may 
change the latter service record so that it (a) indicates 
that the associated account code is being shared with 
the new subscriber, (b) points to the new subscriber's 
service record and (c) contains the new subscriber's 
identity. The new subscriber's record is similarly ar- 
ranged so that it points to the latter service record. An 
illustrative example of such linking is shown FIG. 2. 
Briefly, a chain of service records are linked to one 
another by storing in each such record the address of 
the next record in the chain and the address of the 
previous record in the chain. Each of the records 61- 
2 through 61 -N thus contains the address, e.g., poin- 
ter 62-2, of the next record in the chain and, except 



for head record 61-1, the address, e.g., pointer 63-2, 
of the previous record in the chain. The way in which 
system 100 identifies a caller that is sharing an ac- 
count code with one or more other subscribers is dis- 
5 cussed below. 

As a further result of such communication, the 
new subscriber may define a number of voice- 
identified calling labels and associate the labels with 
respective telephone numbers. For example, thesub- 
10 scriber may associate the label (a) "call home" with 
the subscriber's home telephone number, (b) "call of- 
fice" with the subscriber's work or office telephone 
number, (c) "call Dad" with the subscriber's father's 
telephone number, etc. Thereafter, and as will be ex- 
15 plained below, when the subscriber places a call to 
system 100 for the purpose of placing a call to a par- 
ticular location, e.g., "home", then all that the sub- 
scriber needs to do in response to a particular system 
100 request is to say "call home". System 100, in re- 
20 sponse thereto, associates the spoken identifier "call 
home" with the subscriber's home telephone number 
and then places an outgoing telephone call thereto 
via switch 10 and network 200. System 100 then 
causes switch 10 to interconnect the outgoing call 
25 with the subscriber's incoming call. 

The new subscriber may also associate particular 
telephone numbers with respective billing accounts. 
For example, the subscriber may specify that all tel- 
ephone calls that the subscriber places to his/her of- 
30 fice via system 100 are to be billed to a particular bill- 
ing account, for example, a credit card account As an- 
other example, the subscriber may specify that all tel- 
ephone calls that the subscriber places to a business 
associate via system 100 are to be billed to another 
35 account, e.g., a business telephone number. The new 
subscriber may also specify a default billing account 
for all other calls that the subscriber places via sys- 
tem 100, in which the default billing account may be 
the subscriber's system 1 00 service number or home 
40 telephone number. 

The subscriber may also specify voice-identified 
billing labels which may or may not be tied to a par- 
ticular telephone numberfs), but which the subscriber 
may use to override default or predefined billing. Spe- 
45 elf ically, such a billing label may be, for example, the 
name of a credit card service, such as VISA; a calling 
card service, such as AT&T; or a particular telephone 
number. For example, assume that the subscriber 
has tied billing of office calls to an AT&T calling card 
50 number and has specified VISA as a billing label. 
Thereafter, the subscriber may place a telephone call 
to his/her office and, if desired, override the prede- 
fined AT&T calling card billing for the call by saying 
"bill VISA" following the entering of the subscriber's 
55 office telephone number. More particularly, if the 
subscriber has specified a calling label for the office 
telephone number, then the subscriber may enter the 
office telephone number by saying "call office". The 
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subscriber then pauses for a predetermined duration, 
e.g., at least one second, to disassociate the calling 
label from the billing label. At the end of one second, 
the subscriber may then say "bill VISA" to override 
the predefined billing for the office call. 5 

System 100, in response thereto, (a) translates 
the identifier "call office" into the subscriber's office 
telephone number, (b) places an outbound call to that 
number via switch 10 and network 200, and (c) con- 
nects the subscriber's call to the outbound call. Sim- 10 
ilarly, as a result of the pause, system 1 00 associates 
the identifier "bill VISA" with a billing function and 
overrides the predefined, or default billing priorly spe- 
cified for the call. Accordingly, system 100 bills the 
call to the subscriber's VISA account. 15 

In accord with an illustrative embodiment of the 
invention, the aforementioned pause may be elimin- 
ated in all but a few cases by employing speaker in- 
dependent "word spotting" for the words "call", (or 
"dial") and "bill", (or "charge"). Accordingly, when sys- 20 
tern 100 spots the spoken word "call" ("dial") it clas- 
sifies that word and the following speech signals as 
a calling label. If system 100 then spots the spoken 
word "bill" ("charge") it classifies that word and the 
following speech signals as an overriding billing label, 25 
as will be discussed below. 

Moreover, the new subscriber may associate a 
particular speed dialing code with a telephone num- 
ber. In an illustrative embodiment of the invention, a 
speed dialing code is terminated by a predetermined 30 
suffix, e.g., the pound sign (#). For example, the new 
subscriber may specify 1# and 2# as the speed dial- 
ing codes for respective telephone numbers, e.g., 1- 
800-555-1212 and 1-908-555-1212, respectively. 

When the attendant has collected and entered 35 
the subscriber's subscription information, including 
the aforementioned labels (if any) in terminal 15, 
(FIG. 1) the attendant then supplies the entered infor- 
mation to controller 25 for delivery to controller 55 via 
Local Area Network (LAN) 30. In an illustrative em- 40 
bodiment of the invention, LAN 30 may be, for exam- 
ple, the well-known Ethernet network. 

Controller 25, more particularly, forms the sub- 
scription information into a message addressed to 
controller 55 and transmits t he message over LAN 30. 45 
Controller 55, in turn, removes the message from 
LAN 30 and forms the contents thereof into a sub- 
scription profile (or record) associated with the new 
subscriber and stores the profile in customer profile 
database 60 in the manner discussed below. (It is not- so 
ed that if the new subscriber's account code is a 
shared code, then controller 55 effectively "links" the 
new subscriber's profile record to the profile record 
associated with the subscriber that is sharing the ac- 
count code with the new subscriber in themannerdis- 55 
cussed above.) 

At this point in the subscription process, the new 
subscriber's account code, various labels, associated 



telephone numbers, speed dial codes, etc., are stored 
in database 60 as ASCII text. 

As a last step in the subscription process, the at- 
tendant instructs the new subscriber how to register 
particular speech utterances characterizing the sub- 
scriber's account code, as well as the aforementioned 
labels, so that the registration may be used thereafter 
to verify the subscriber's identity and verbal requests. 
To that end, the attendant sends to host 5, via termi- 
nal 1 5 and LAN 30, a request to invoke a voice regis- 
tration session, in which the request contains the sub- 
scriber's account code and labels. Hosts, in response 
thereto, causes switch 10 to bridge Subscription Iden- 
tification Unit (SIU) 21 onto the switch 10 connection 
between the subscriber's incoming call connection 
and attendant terminal 15. In addition, host 5 supplies 
via LAN 30 the new subscriber's account code and 
labels to SIU 21. 

SIU 21, in particular, includes, inter alia, a number 
of digital signal processors which operate to perform 
a number of different voice processing functions in- 
cluding, inter alia, automatic speech recognition, text- 
to-speech processing for generating voice prompts 
and verbal facsimiles of the subscriber's labels. The 
automatic speech recognition function, more particu- 
larly, performs connected digit recognition and mod- 
els the subscriber's utterance of the associated ao- 
count code as end-pointed autocorrelation coeffi- 
cients using techniques that are well-known in the 
voice recognition art For the first phase of the regis- 
tration process, SIU 21 constructs a basis for auto- 
matically verifying the new subscriber's utterance of 
his/her account code and other strings of digits. In do- 
ing so, SIU 21 prompts the new subscriber to say a 
predetermined number of different strings of digits 
(e.g., eleven strings) that arc announced one string at 
a time, in which each string comprises a predeter- 
mined number of digits, e.g., five digits. For example, 
SIU 21 prompts the new subscriber to say the digit 
string of 0,1,0,1,2. When the subscriber responds, 
SIU 21 collects the subscriber's utterances and seg- 
ments the utterances into speech signals character- 
izing respective digits of the transmitted string. SIU 21 
then segments the speech signals into respective 
digits and then models the resulting digits as end- 
pointed autocorrelation coefficients. SIU 21 then 
passes the resulting coefficients, the ASCII repre- 
sentation of the corresponding digit string and the 
subscriber's account code to controller 45 for further 
signal processing, as will be explained below. SIU 21 
then repeats the foregoing for each of the remaining 
ten strings of digits. 

The next phase of the registration procedure reg- 
isters the subscribers labels. For example, assume 
that the subscriber specified (a) "call home" and "call 
office" as calling labels and (b) "bill Visa" as an over- 
riding billing label. SiU 21 registers the new subscrib- 
er's voice representation of those labels by passing 
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the ASCII equivalent (text version) of the first calling 
label ("call home") through a text-to-speech proces- 
sor and transmitting the result to the subscriber along 
with a request to verbally repeat the label, responsive 
to the subscriber's utterance of that label, SIU 21 seg- 5 
ments the subscriber's speech signals into a series of 
subword unit phonemes characterizing the internal 
label and associates each such subword unit pho- 
neme with a particular index value, thereby forming 
a series of indices, or numbers. Thus, a particular ut- 10 
terance of a label is modeled as a series of indices and 
stored in memory. Thereafter, the particular utter- 
ance may be interpreted by generating such a series 
of subword indices for the utterance, and comparing 
the generated series with each priorly stored series 15 
of indices characterizing respective labels. The stored 
series that compares with the generated series will 
then point to the telephone number, or billing account, 
identified by the utterance. SIU 21 then passes the 
resulting ASCII indices, the corresponding ASCII rep- 20 
resentation of the voice label and subscriber's ac- 
count code to controller 45 via LAN 30. SIU 21 then 
repeats the foregoing process for each of the sub- 
scriber's other labels. 

Atthis point, SIU 21 has essentially completed its 25 
part in the registration process. However, before re- 
turning control of the subscriber's telephone call to at- 
tendant 15, SIU 21 waits for a confirmation message 
from controller 45 indicating that voice verification 
models of the subscriber's speech utterances have 30 
been stored in database 50. 

Controller 45, more particularly, upon receipt of 
the ASCII representation of the last string of digits and 
resulting characterizing coefficients, passes those 
coefficients and their respective digit strings to SVS 35 
(Speech Verification System) 40. SVS 40, which may 
be, for example, the DSP 30 system available from 
AT&T, includes Real Time Host (RTH) controller 41 
and a plurality, e.g., 128, DSPs (Digital Signal Proc- 
essors) 42-1 through 42-P. Illustratively, P=128. RTH 40 
41 serves as an interface between DSPs 42-1 
through 42-N and an external processor, such as con- 
troller 45, such that, upon receipt of a speech proc- 
essing request, RTH 41 determines which one of the 
DSPs 42-1 through 42-N is available (idle) and pass- 45 
es the request thereto along with the accompanying 
data. Assuming that DSP 42-1 is idle, then RTH 41 
passes the eleven digit strings and corresponding 
end-pointed autocorrelation coefficients to DSP 42-1 
for processing. DSP 42-1, in a conventional manner, 50 
generates a so-called Hidden Markov Model (HMM) 
characterizing the subscriber's utterance of the digit 
"0", in which the HMM is generated as a function of 
the associated end-pointed autocorrelation coeffi- 
cients characterizing the digit zero for each occur- 55 
rence of that digit in the eleven strings of digits. Sim- 
ilarly, DSP 42-1 generates an HMM characterizing 
each of the other digits, i.e., digits 1 through 9. DSP 



42-1 also generates an HMM characterizing the sub- 
scriber's utterance of t he digit zero as "oh", if present. 

When DSP 42-1 completes its task, then RTH 41 
passes the results to controller 45. Controller 45 then 
stores the HMMs in a reference database 50 memory 
record that is indirectly indexed by the subscriber's 
account code. (It is noted that if that code is shared 
with another account, then controller 45 effectively 
"appends" the new subscriber's database 50 record 
to the record associated with the subscriber who is 
sharing the account code with the new subscriber. 
Similarly, controller 45 notes that fact in the latter re- 
cord as discussed above.) Following the foregoing, 
controller 45 stores the ASCII subword unit of indices, 
characterizing the new subscriber's utterance of the 
subscriber's labels, as well as the ASCII equivalents 
thereof in the aforementioned database 50 memory 
record. Controller 45 then notifies SIU 21 via LAN 30 
that processing of the subscriber's data has been 
completed. SIU 21, in turn, sends a similar message 
to host processor 5, which causes host 5 to discon- 
nect SIU 21 from the subscriber's incoming call. At 
that point, the attendant 15 notifies the subscriber 
that registration has been completed. 

Thereafter, the subscriber may "dial up" system 
100, say his/her subscriber number and then invoke 
a calling function characterized by one of the sub- 
scriber's predefined labels, such as "call home". Al- 
ternatively, the subscriber may request that a call be 
placed to a location that is not defined by one of the 
subscriber's predefined labels. That is, the subscriber 
may say the telephone number of a location that the 
subscriber desires to call. For example, the subscrib- 
er may say "908-555-6008" identifying, for example, 
station S2. System 100, in response thereto, decodes 
the subscriber's utterance of 908-555-6008 and plao- 
es an outgoing call to that location and then connects 
the subscriber's incoming call to that outgoing call. 

Specifically, the subscriber may dial the system 
100 service telephone number, e.g.; 1-800-838-5555, 
to establish a telephone connection between station 
S1 and system 100 via CO 225 and network 200. The 
system 200 destination switch, responsive to receipt 
of the call and called telephone number, associates 
that number with a particular one of its outgoing trunk 
groups and presents the call to system 100 via an idle 
trunk (port) of that group. Switch 1 0, responsive to re- 
ceipt of the incoming call, notifies host 5 of that fact 
via LAN 30. Host 5, in response to such notification, 
directs switch 1 0 via LAN 30 to establish a connection 
between the incoming call and an idle one of the ClUs 
(Caller Identification Units) 20-1 through 20-N, e.g., 
CIU 20-1 . ClUs 20-1 through 20-N are identical to SIU 
21 , except that the ClUs are not programmed to pres- 
ent the registration process to a new subscriber. 

Assuming that CIU 20-1 is connected to the sub- 
scriber's call, then that CIU transmits over the con- 
nection an announcement asking the subscriber 
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"what is your account code?". The subscriber has the 
option of entering his/her account code (number) by 
saying it or by keying it in using the station S1 keypad. 
If the subscriber elects the latter option and keys in 
his/her account code, then, CIU 20-1 collects the s 
"keyed in 0 digits. Upon receipt of the last such digit, 
CIU 20-1 then verifies the subscriber's identity by 
generating and transmitting over the incoming call 
connection a series of randomly selected digits and 
then prompting thesubscribertosaytheseriesofdig- 10 
its. 

If the subscriber says his/her account code, then, 
similarly, CIU 20-1 collects the subscriber's utteranc- 
es and uses connected digit processing to segment 
the utterances into speech signals characterizing re- 15 
spective digits of the account code. CIU 20-1 then 
models each such speech segment into end-pointed 
autocorrelation coefficients and then identifies the 
account code, but not the caller, based on those coef- 
ficients. CIU 20-1 then stores the account code in its 20 
local memory. (If the subscriber entered the account 
code via the station S1 keypad, then CIU 20-1 de- 
codes the resulting series of tones (i.e., Dual Tone 
MultiFrequency signals, i.e., DTMF signals) into re- 
spective digit values and stores them as the account 25 
code. Then, as mentioned above, CIU 20-1 transmits 
the series of random digits and requests that the sub- 
scriber repeat those digits. Similarly, CIU 20-1 seg- 
ments and models the caller's response into End- 
Pointed Autocorrelation (hereinafter "EPA") coeffi- 30 
cients.) 

Following the foregoing, CIU 20-1 sends a mes- 
sage containing the received account code and the 
EPA coefficients modeling the caller's (subscriber's) 
spoken account code (or random digits, as the case 35 
may be) to controller 45 in order to verify the caller's 
identity. Controller 45, in response thereto and using 
the received account code as a memory index, un- 
loads from reference database, or memory, 50 the re- 
cord containing the Hidden Markov Models (HMM) of 40 
the subscriber's utterances of the respective digits 
forming the associated account code. Controller 45 
then sends via bus 46 the unloaded HMMs and EPA 
coefficients generated by CIU 20-1 to RTH 41 for the 
purpose of verifying that the HMMs and EPA coeffi- 45 
cients represent speech signals spoken by the same 
person. (It is noted that if the EPA coefficients repre- 
sent random digits, then controller 45 sends only the 
HMMs priorly stored for those digits.) 

RTH 41, in response to receipt of the request, so 
identifies an idle one of its associated DSPs 41-1 
through 42-P, e.g., DSP42-P, and supplies the HMMs 
and EPA coefficients received from controller 45 to 
DSP 42-R DSP 42-P then compares the EPA coeffi- 
cients with their corresponding priorly stored HMMs 55 
received from controller 45 via RTH 41. If DSP 42-P 
finds that based on a predetermined level of certain- 
ty, e.g., a probability of 75%, the generated EPAcoef- 
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ficients compare with their corresponding priorly 
stored HMMs, then DSP 42-P makes note of that fact 
and updates the priorly stored HMMs. DSP 42-P then 
supplies the updated HMMs and a flag indicating that 
the verification is true (i.e., positive) to RTH 41. RTH 
41, in turn, supplies that information and the sub- 
scriber's account code to controller 45. (If the compar- 
ison was not within the predetermined level of cer- 
tainty, then the aforementioned flag indicates that 
the verification is false (i.e., negative). In that case, 
DSP 42-N does not update the priorly stored HMMs.) 

Controller 45, in response to the flag being posh 
tive, stores the updated HMMs in the subscriber's da- 
tabase 50 record. Controller 45 then sends the flag 
and default billing number to CIU 20-1. If the flag in- 
dicates a negative verification, then controller 45 re- 
turns a reply message indicating that fact to CIU 20- 
1 via LAN 30. CIU 20-1 may then terminate the call 
in response to that reply message or direct the call to 
attendant 15. 

If controller 45 finds that the account code, or 
identifier, that it receives from CIU 20-1 is associated 
with a number of subscriber records, then controller 
45 unloads the pertinent HMMs from each of those 
linked records and passes the various sets of unload- 
ed HMMs and their respective record addresses as 
well as the received EPA coefficients to RTH 41 for 
processing. RTH 41, in turn, distributes the received 
sets of HMMs and a copy of the EPA coefficients to 
respective idle ones of its associated DSPs 41-1 
through 41-P. Each such DSP, e.g., DSP 41-1, in re- 
sponse thereto, generates and supplies to RTH 41 a 
score indicative of the level of certainty that such EPA 
coefficients compare with the set of HMMs that it re- 
ceives from RTH 41 . RTH 41 , in turn, selects the high- 
est score from the various scores that it receives from 
its associated DSPs. If RTH 41 finds thatthe value of 
the highest score is within the aforementioned prede- 
termined level of certainty, then RTH 41 confirms the 
caller's identity and associates the caller with the 
subscriber record whose address is associated with 
the highest score. RTH 41 then causes the HMMs as- 
sociated with that address to be updated in the man- 
ner discussed above and then supplies the updated 
HMMs, the associated score and record address as 
well as the aforementioned positive flag to controller 
45. Controller 45, in response thereto, returns the 
aforementioned reply message to CIU 20-1 and in- 
cludes therein the subscriber record associated with 
the aforementioned highest score. If, on the other 
hand, RTH 41 finds thatthe value of the highes score 
is not within the predetermined level of certainty, 
then RTH 41 notifies controller 45 of that fact Simi- 
larly, controller 45 returns a message indicative of 
that fact to CIU 20-1, as discussed above. 

Assuming that the controller 45 reply message is 
positive, then CIU 20-1 transmits over the call con- 
nection an announcement requesting e. g., "what 
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number do you wish call?". The subscriber may re- 
spond to that request by (a) using the station S1 key- 
pad to "key In" a particular telephone number that the 
subscriber desires to call, e.g., 908-555-1234; (b) 
keying in one of the subscriber's predefined speed di- 
aling codes, e.g., 231#, (c) saying the particular tele- 
phone number that the subscriber desires to call; or 
(d) saying one of the subscriber's predefined calling 
labels, e.g., "call home" or "call office", 

In particular, CIU 20-1, responsive to receipt of 
DTMF signals characterizing a telephone number de- 
codes those signals into respective digits in the order 
that the signals are received via switch 10 and net- 
work 200. Upon the decoding of the last of such tel- 
ephone digits, CIU 20-1 sends a message containing 
the subscriber's account code and the received tele- 
phone number to host computer 5. Host computer 5 
then generates and stores in its internal memory a 
billing record containing, inter alia, (a) the subscrib- 
er's service number and billing telephone number 
(e.g, home telephone number), (b) the telephone 
number that is being called and (c) current date and 
time. Host 5 then directs switch 10 to place an out- 
bound telephone call via network 200 and outpulse 
the called telephone number. Host 5 also directs 
switch 10 to connect the subscriber's incoming call to 
the outbound call. CIU 20-1 remains bridged onto the 
subscriber's incoming call as a means of detecting 
the subscriber's possible request for a telephone op- 
erator. That is, each of the ClUs 20-1 through 20-N 
using the well-known functionality of independent 
speech recognition may spot a caller saying "opera- 
tor". Accordingly, if CIU 20-1 "spots" the subscribers 
saying the word "operator" during the processing of 
an associated call, then CIU 20-1 sends a message 
to that effect to host 5 via LAN 30. Host 5, in turn, con- 
nects the subscriber to an available attendant posi- 
tion 15 via switch 10. However, a CIU does not re- 
spond to the word "operator" once an associated call 
has been completed. At that point, the subscriber may 
enter particular signals, e.g., the pound (#) sign, as a 
way of requesting the assistance of an operator. That 
is, if switch 10 detects those particular signals after 
the call has been completed, then switch 10 sends 
the operator request message to host 5. Alternatively, 
the subscriber, at any point during the current call, 
may enter particular signals, e.g., ♦♦9, as a way of en- 
tering a request to place another call. Thus, if switch 
10 detects the entry of those signals, then it passes 
a message indicative thereof to Host 5. Host 5, in turn, 
terminates the outbound switch 10 connection and 
then asks the caller to enter a calling destination. 

If, on the other hand, the subscriber keys in one 
of the subscriber's speed dialing codes, e.g., 231#, 
then CIU 20-1 upon the receipt and decoding of the 
signals characterizing that code sends a message to 
controller 45 requesting the telephone number asso- 
ciated with the speed dialing code entered by the sub- 



scriber. Controller 45, upon receipt of the message, 
interrogates the subscriber's profile record stored in 
database 50 to obtain the requested telephone num- 
ber. Controller 45, in turn, unloads the telephone 
5 number from database 50 and sends the number, the 
associated speed dialing code and subscriber's ac- 
count code number to CIU 20-1 via LAN 30. CIU 20- 
1, in turn, sends a call request message containing 
that telephone number, as well as a request to estab- 
10 lish a telephone connection thereto, to host 5. Host 5, 
in turn, establishes a billing record and then places a 
telephone call to the desired telephone number via 
switch 10 and network 200. 

Alternatively, the subscriber may say the desired 
15 telephone number, e.g., 908-555-1234. If the sub- 
scriber does so, then CIU 20-1, using connected digit 
segmentation, segments the subscriber's speech sig- 
nals characterizing the digits of that telephone num- 
ber and then models such speech segments into the 
20 aforementioned end-pointed autocorrelated coeffi- 
cients, as mentioned above. Based on those coeffi- 
cients, CIU 20-1 is able to interpret (identify) the digits 
spoken by the subscriber. Such interpretation is com- 
monly referred to as speaker-independent, automatic 
25 speech recognition. Accordingly, as a result of such 
interpretation, CIU 20-1 identifies the digits forming 
the spoken telephone number. Similarly, CIU 20-1 
then packages those digits into a call request mes- 
sage and sends the message to host 5 via LAN 30. 
30 Host 5, in response to receipt of that message, estab- 
lishes an associated billing record and places a tele- 
phone call to the received telephone number, as dis- 
cussed above. 

As another alternative, the subscriber may say a 
35 calling label, e.g., "call office" previously defined by 
the subscriber. CIU 20-1 responsive thereto gener- 
ates the aforementioned subword unit indices from 
the subscriber's speech signals characterizing that 
label. Then, as mentioned above, CIU 20-1 compares 
40 the generated series of indices with the subword unit 
indices of the subscriber's labels priorly stored in da- 
tabase 50 as discussed above. 

Accordingly, if CIU 20-1 identifies the telephone 
number associated with the spoken label, then CIU 
45 20-1 forms a call request message containing, inter 
alia, the identified telephone number and sends the 
message to host 5. Host 5, in turn, places t he request- 
ed telephone call in the manner discussed above. 
Each CIU 20-1 through 20-N is arranged to detect a 
so particular keyword, e.g., the word "cancel", which a 
subscriber may utter to cancel a telephone number 
that the subscriber is entering. For example, if the 
subscriber says the word "cancel" after having en- 
tered a number of digits of a telephone number, then 
55 the CIU serving the call, e.g., CIU 20-1 , in response 
to detecting that utterance (using speaker indepen- 
dent speech recognition to spot that word as dis- 
cussed above) discards the received digits and re- 
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transmits the aforementioned announcement. 

Itcan be appreciated that SVS 40 expends an ap- 
preciable amount of processing time processing the 
subscriber's spoken account code. To speed up that 
processing so that a reply may be returned to control- s 
ler 45 as soon as possible, RTH 41 may be arranged 
so that it divides the digits forming the account code 
among a number of idle DSPs 42-1 through 42-P. For 
example, RTH 41 could supply the spoken digits to re- 
spective idle DSPs 42-1 through 42-P as well as the 10 
associated HMMs stored in database 50. Accordingly, 
if nine such DSPs are idle, then each of those DSPs 
would process one digit of the account code. 

Turning now to FIGS. 3-5, there is shown in flow 
chart form the program which implements the inven- is 
tion in system 100. Specifically, the program is en- 
tered at block 400 in response to a new call received 
via switch 10. At block 400, the program proceeds to 
block 401 where it transmits a brief service-alerting 
signal, e.g., a tone, and then transmits a service 20 
name announcement, e.g., "Voice Direct". At that 
point, the program begins to monitor the call for re- 
ceipt of the word "operator" or the word "cancel" and 
proceeds in the manner discussed above if it happens 
to receive either word. The program then proceeds to is 
block 402 where it prompts the caller to enter his/her 
account code (identifier). The caller, in response to 
the prompt, may either say the digits forming his/her 
account or enter the digits via the touch-tone keypad 
of the caller's telephone station set. At block 403, the 30 
program determines if a customer record associated 
with the entered account number is stored in data- 
base 50 (FIG. 1). If the determination turns out to be 
true, then the program proceeds to block 404. Other- 
wise, the program proceeds to block 405. 35 

At block 405, the program checks to see if the 
caller's second attempt to enter a valid account code 
also failed and forwards the call to an operator via 
block 406 if that is the case. Otherwise, the program 
proceeds to block 407 where it again prompts the call- 40 
er to enter his/her account code. 

At block 404, the program checks to see if the en- 
tered account code is characterized by speech sig- 
nals (i.e., the caller spoke the numbers) and proceeds 
to block 408 if that is case. Otherwise, the program 45 
proceeds to block 409 where it prompts the caller to 
repeat (say) a series of random numbers. The pro- 
gram collects the caller's response thereto and pro- 
ceeds to block 408. At block 408, the program verifies 
the caller's speech in the manner discussed above. so 
If the caller's speech cannot be verified, then the pro- 
gram proceeds to 405. Otherwise, the program pro- 
ceeds to block 41 0 where it prompts the caller to enter 
a called destination. As mentioned above, a caller 
may place a call by (a) saying a telephone number or 55 
call label or (b) entering the telephone number or 
speed dial code via the keypad of the caller's station 
set, e.g., station S1 . The program then waits for an en- 



try and proceeds to block 41 1 upon receipt thereof. At 
block 411, the program proceeds to block 418 if it 
finds that the caller entered a telephone number us- 
ing the station set keypad (i.e., the number is charac- 
terized by respective DTMF tones). If that is not the 
case, then the program proceeds to block 412 to de- 
termine if the caller spoke the telephone number. If 
the latter determination turns out to be true, then the 
program proceeds to block 416 where it causes the 
associated CIU to translate the caller's speech sig- 
nals into a telephone number (as discussed above) 
and then proceeds to block 417. If the determination 
at block 412 turns out to be false, then the program 
proceeds to block 413 to determine if the caller en- 
tered a speed dial code. If the program finds that the 
caller did not enter a speed dial code, then it proceeds 
to block 414 to determine if the caller entered a spok- 
en call label. If the program finds that the caller en- 
tered either a speed dial code or a call label, then the 
program proceeds to block 415 where it causes SVS 
40 to translate the caller's entry into a telephone num- 
ber, as discussed above. The program then proceeds 
to block 41 7 where it transmits a verbal representation 
of the resulting telephone number to the caller and 
then proceeds to block 418 where it causes the tele- 
phone number to be outpulsed to network 200. 

If the program at block 414 finds that the caller 
did not enter a call label, then the program proceeds 
to block 419 where it determines if the caller's latest 
entry represents a second attempt to obtain a valid 
entry from the caller. If that is the case, then the pro- 
gram forwards the call to an operator. Otherwise, the 
program proceeds to block 410 to again prompt for 
the entry of a telephone number. 

At block 418, the program places an outgoing call 
via system 100 and then directs system 100 to con- 
nect the incoming call to the outgoing call connection. 
The program then proceeds to block 421 where it con- 
tinues to monitor the call for receipt of a request for 
an operator or request to place another call. In an il- 
lustrative embodiment of the invention, the subscrib- 
er may enter such a request at any point in the proc- 
essing of the call, i.e., between blocks 402 and 417, 
by saying the word "operator" or entering particular 
signals characterizing, for example, 0#, after the call 
has been completed, i.e, blocks 41 8 and 421. Similar- 
ly, the subscriber may enter **9 to enter a request to 
place another call. 

During the recent past, a large number of tele- 
phone subscribers have subscribed to a voice mes- 
saging service, such as voice message system 300 
shown in FIG. 1. The functionality provided by system 
300 is similar to that provided by a conventional an- 
swering machine. That is, if a system 300 subscriber, 
e.g., the subscriber associated with station S1 , does 
not answer a telephone call, for whatever reason, 
then the calling party is invited to leave a voice mes- 
sage with system 300. However, unless the called 
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subscriber places a call to system 300, he/she does 
not know that the calling party left a voice message 
with system 300. A number of voice messaging sys- 
tems address that situation by causing a lamp on the 
subscriber's station set to be lit as a way of indicating s 
that the subscriber has one or more voice messages 
waiting. System 100 takes a different approach. 

In particular, if the new subscriber is associated 
with a voice messaging service, e.g., system 300, 
then, during the subscription and registration proc- io 
ess, attendant 15 inserts in the subscriber's database 
60 record and database 50 record (a) a flag indicating 
that the new subscriber is associated with a voice 
messaging service, (b) the telephone number of that 
service and (c) the subscriber's messaging service 15 
account code or password. Thereafter, when the new 
subscriber places a call to system 1 00 for the purpose 
of, e.g., placing an outgoing call, then, while an asso- 
ciated CIU, e.g., CIU 20-1, is processing the subscrib- 
er's call request, host 5 places via switch 10 and net- 20 
work 200 a call to voice messaging service 300. 
When that system answers the call, host 5 transmits 
the subscriber's telephone number, pauses for a pre- 
determined period of time and then transmits the as- 
sociated account code (password). System 300, in re- 25 
sponse to that information, transmits the status of 
voice messages that are stored in system 300 for the 
subscriber, in which such status could vary from no 
voice messages to a number of voice messages. In 
addition, host 5, after transmitting the account code, 30 
causes switch 10 to bridge the subscriber's incoming 
call to the telephone connection established between 
switch 10 and system 300 via network 200. Thus, the 
subscriber is automatically presented with the status 
of his/her system 300 voice messages. 35 

Turning now to FIG. 7, there is shown an illustra- 
tive layout of reference database 50. In particular, da- 
tabase 50 includes a pair of records, e.g., 50-1 and 
50-2, for each system 100 subscriber. One record of 
the pair, e.g., record 50-1, contains the Hidden Mar- 40 
kov models of the subscriber's speech signals char- 
acterizing the digits zero through nine (and possibly 
"oh"), call labels and associated billing labels. The re- 
cord also contains various statistics relating to verify- 
ing the identity of a calling subscriber from his/her 45 
speech signals. For example, such statistics may be 
used to update associated voice templates and in- 
clude the number of times system 100 performed 
such verification, number of times that such verifica- 
tion failed, and various threshold values relating to so 
such verification and recognition of digits and labels 
spoken by the associated subscriber. The other re- 
cord of the pair, e.g., record 50-2, contains the ASCII 
(text) versions of the information contained in record 
50-1, as well as associated telephone numbers and 55 
speed dialing codes. It is seen from this FIG. that 
each such record of the pairs includes a field for the 
associated account code. The account code field also 



includes sub-fields (not shown) which are populated 
if the account code is shared with one or more sub- 
scribers. That is, the contents of the sub-fields link 
the associated record to the other records as dis- 
cussed above. 

The layout of database 60 is somewhat different, 
as shown in FIG. 8. As mentioned above, database 60 
is used for the storage of customer subscription infor- 
mation, in which such information is stored across a 
number of database 60 tables. One such table, table 
60-1, is formed from a plurality of records (CUS- 
.PROF_1 through CUS.PROF_N) each containing in- 
formation specific to a respective subscriber. Such 
specific information includes, for example, the sub- 
scriber's name and address, account number, credit 
limit, default billing account number, billing address 
and a number of database 60 addresses (pointers) 
which point to entries in other tables, such as table 60- 
4. (The account number field also includes a number 
of sub-fields to link the associated record with other 
records if the associated account code happens to be 
shared with other subscribers.) Table 60-4 is also 
formed from a plurality of records (CUS.IDjI through 
CUS.ID_N) each containing information personal to a 
respective subscriber which is used by attendant 15 
to verify the identity of a subscriber. Such identity in- 
formation may include, for example, a subscriber's 
social security number, place of birth, mother's maid- 
en name, etc. 

Of the tables shown in the FIG., tables 60-1 and 
60-3 are indexed using a subscriber's account num- 
ber. Table 60-3, more particularly, is formed from a 
plurality of entries (CUS.LLJ through CUS.LBL_N), 
in which each such entry contains the ASCII versions 
of call labels, associated telephone numbers, associ- 
ated label billing accounts and respective billing ac- 
count numbers specified by a respective subscriber. 
Each such billing account number, in turn, points to an 
entry in table 60-2, in which the entry contains con- 
ventional billing information for the associated billing 
account number. Such billing information includes, for 
example, the name and address of the entity (or per- 
son) that is to be billed for an associated call, billing 
cycle (e.g., monthly or quarterly), etc. 

Database 60 also includes table 60-5 which con- 
tains the eleven sets of digits that system 100 uses 
during the training phase of a subscription, as dis- 
cussed above. 

Turning now to FIGs. 9 and 10, there is shown in 
block diagram form an alternative embodiment of the 
invention, one which centralizes the subscription and 
speaker verification functionalities performed by sys- 
tem 100 of FIG. 1 and which uses a high speed frame- 
relay packet network to interface such functionalities 
with one another. Advantageously, a smaller, "strip- 
ped down" version of voice directed system 100 may 
be associated with each network 200 Operator Ser- 
vice Position System, or OSPS, one of which is shown 
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in the FIG, namely OSPS 205. In this way, a subscrib- 
er may readily access a Voice Directed Communica- 
tions System Platform (VDCSP) 100-1 via an OSPS 
by dialing a telephone operator access code, for ex- 
ample, the digits "00°. If a subscriber does so, for ex- 
ample, the subscriber associated with station set S1, 
then CO 225 in response to receipt of those digits ex- 
tends the call to network 200, which, in turn, extends 
the call to one of its OSPSs, e.g., OSPS 205. 

OSPS 205 in response to receipt of the call pres- 
ents the caller with the option of selecting a telephone 
operator or the services provided by VDCSP 100-1. 
If the subscriber selects the latter option, then OSPS 
205 extends the telephone connection carrying the 
call to switch 10 of VDCSP 100-1 . In doing so, OSPS 
205 supplies to host 5 via signaling circuit 13 the iden- 
tity of the trunk that is being used to connect the call 
to switch 10. At that point, VDSCP 100-1 under the di- 
rection of host 5 processes the call in the manner dis- 
cussed above in connection with FIG. 1. 

It is seen from the FIG. that smaller VDCSP 1 00- 
1 still includes host processor 5, switch 10, CI Us 20- 
1 through 20-N and LAN 30 which operate in the man- 
ner discussed above. It is also includes router 65-1, 
which may be, for example, a conventional LAN/WAN 
type router available from Cisco Systems Inc. Menlo 
Park, Ca. Router 65-1 , more particularly, provides an 
interface between its associated modified system 
100 and high-speed packet network 700, which may 
be, for example, AT&T's InterSpan frame relay net- 
work That is, router 65-1 removes from LAN 30-1 a 
message addressed to either Central Speaker Verifi- 
cation System (CSVS) 500 or subscription system 
600 and formats the message into a packet so that it 
conforms with the well-known frame relay protocol 
and supplies the packet to an associated network 700 
node for delivery to the intended destination. (It is not- 
ed that Routers 65-2 and 65-3 perform a similar func- 
tion.) 

Similarly, if the intended destination happens to 
be CSVS 500, then router 65-2 (which may be similar 
to router 65-1) receives the packet from an associat- 
ed packet network 700 node, changes the format of 
the received packet so that it conforms with the well- 
known TCP/IP message protocol, and supplies the 
message to its associated LAN 30-2 for delivery to 
controller 70. (In FIGs. 9 and 10, LANs 30-1, 30-2 and 
30-3 may also be the well-known Ethernet network). 
Controller 70, in turn, supplies the message to one of 
its associated Voice Verification Units, or WU, 400- 
1 through 400-M based on a predetermined selection 
scheme, for example, the subscriber identifier (ac- 
count code) contained in the message. That is, WUs 
400-1 through 400-M are associated with respective 
ranges of subscriber identifiers, or account codes, 
e.g., 500,000 identifiers. Thus, subscriber records as- 
sociated with a first range of identifiers are stored in 
reference database 50 of WU 400-1. Subscriber re- 



cords associated with a second range of identifiers 
are stored in reference database 50 of WU 400-2, 
and so on. 

Assuming that the identifier contained in the 
5 message is within the first range of identifiers, then 
controller 70 supplies the message to controller 45 of 
WU 400-1. (It is noted that each WU 400-1 through 
400-M operates in the manner discussed above in 
connection with FIG. 1.) Assuming that the message 
10 is a speaker verification request, Then, as discussed 
above, controller 45 of WU 400-1 (hereinafter con- 
troller 45) unloads from its associated reference da- 
tabase 50 the HMMs associated with the identifier 
contained in the message. Controller 45 then sup- 
15 plies the HMMs unloaded from database 50 and the 
speech models contained in the message and to as- 
sociated RTH 41 for processing. Thereafter, control- 
ler 45 forms the results of such processing into a mes- 
sage addressed to the originator of the message re- 
20 ceived via network 700 and transmits the newly 
formed message over LAN 30-2. In addition, control- 
ler 45 unloads the voice templates of the calling and 
billing labels associated with received identifier from 
the associated reference database 50 and inserts 
25 those templates in the formed message that it trans- 
mits over LAN 30-2. Controller 70, in turn, removes 
the message from LAN 30-2 and presents it to router 
65-2. Similarly, router 65-2 reformats the message 
from the TCP/IP protocol to the frame relay protocol 
30 and supplies the reformatted packet message(s) to 
its associated network 700 node for delivery to 
VDCSP 100-1. Similarly, router 65-1 accepts the 
packet message from its associated network 700 
node, reformats the message(s) so that it conforms 
35 with the TCP/IP protocol and supplies the results to 
LAN 30-1 for delivery to a particular one of the 
VDCSP 100-1 elements, e.g., CIU 20-1. CIU 20-1, in 
turn, unloads the verifications results from the mes- 
sage and proceeds in the manner discussed above. 
40 CIU 20-1 also unloads the aforementioned templates 
and stores them in its local memory. Armed with 
those templates, CIU 20-1 may then process itself 
the associated calling subscriber's utterance of a call- 
ing label and/or billing label, thereby eliminating the 
45 need of having to perform that functionality in con- 
junction with CSVS 500 via network 700. 

It is seen from the FIG. that the subscription sec- 
tion of system 100 (FIG. 1) discussed above now 
forms subscription system 600. Subscription system 
so 600, like system 100, includes attendant position 15 
(representing a plurality of such positions), host 5, 
switch 10, SIU 21, controllers 25 and 55 and database 
60 which cooperate with one another in the manner 
discussed above in connection with FIG. 1. Subscrip- 
55 tion system 600 still interacts with a controller 45 in 
the manner discussed above. However, such interac- 
tion is now via its associated router 65-3 and network 
700. 
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The foregoing is merely illustrative of the princi- 
ples of the invention. Those skilled in the art will be 
able to devise numerous arrangements, which, al- 
though not explicitly shown or described herein, nev- 
ertheless embody the invention. For example, a sub- s 
scriber identifier (or account code) may be a nonnu- 
meric identifier, such as a proper name, e.g., Smith, 
Bob, etc., or some other nonnumeric identifier, such 
as, for example, "me" or "if s me°. Accordingly, when 
a calling subscriber is prompted to enter an identifier, 10 
then the subscriber may say "ifs me". 



Claims 



2. The method set forth in claim 1 including the step 
of charging costs associated with said services to 
a particular account associated with said one 
subscriber. 

3. The method set forth in claim 1 wherein said one 
identifier comprises words identifying respective 
numerals. 

4. The method set forth in claim 3 wherein a portion 
of said identifier comprises words identifying 
other than numerals. 

5. The method set forth in claim 3 wherein said 
identifier includes a proper name. 

6. The method set forth in claim 3 wherein said 
identifier includes the word "me". 



15 



1. A method for use in a communications system, 
said method CHARACTERIZED BY the steps of 
storing, for at least one voice identifier, 
speech models of at least two subscrib- 
ers' speech signals characterizing said one iden- 20 
tifier, 

in response to receipt of a telephone call in 
which a caller utters said identifier, determining 
from said speech models whether said caller is a 
particular one of said two subscribers, and, if so, 25 
performing the step of 

enabling said caller to invoke communica- 
tions services provided by said system. 
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7. The method set forth in claim 2 wherein the step 
of storing includes the step of 50 

storing in said memory for each of said at 
least two subscribers speech models character- 
izing respective billing labels, said billing labels 
identifying respective billing accounts, and 
wherein said step of enabling includes the step of 55 

in response to said caller uttering a respec- 
tive one of the associated billing labels prior to in- 
voking said communications services, identifying 

11 



the associated billing account from the speech 
models characterizing the associated billing lab- 
els and charging said costs to the identified billing 
account rather than to said particular billing ac- 
count. 

8. A voice directed communications system employ- 
ing automatic speech recognition apparatus, said 
system CHARACTERIZED BY 

means for storing in a memory for a plur- 
ality of subscribers respective voice templates 
characterizing associated identifiers, and where- 
in at least two of said subscribers are associated 
with the same identifier, and 

means, responsive to receipt of a tele- 
phone call from a caller in which the caller utters 
said same identifier, for verifying that said caller 
is one of said at least two subscribers as a func- 
tion of the voice templates associated with said 
at least two of said subscribers. 

9. The system set forth in claim 8 including means, 
operative in the event that said verification does 
not fail, for then presenting to said caller the op- 
tion of invoking communications services provid- 
ed by said system. 

10. The system set forth in claim 9 wherein said com- 
munications services includes a calling function 
and wherein said means for storing stores in said 
memory, for each of said subscribers, an associ- 
ated group of voice templates respectively char- 
acterizing calling labels, said calling labels being 
associated with respective telephone numbers, 
and wherein said means for presenting includes 

means for prompting said caller to utter a 
destination that said caller desires to call, for re- 
ceiving the caller's speech signals characterizing 
the desired destination, for determining the tele- 
phone number of the desired called destination 
as a function of the received speech signals char- 
acterizing said destination and the associated 
group of voice templates, for establishing a tele- 
phone call thereto and for charging for the cost of 
the established telephone call to a particular bill- 
ing account associated with said caller. 

11. The system set forth in claim 10 wherein said 
means for storing further stores in said memory, 
for each of said subscribers, another group of 
voice templates respectively characterizing bill- 
ing labels, said billing labels being associated 
with respective billing accounts, and wherein said 
means for prompting, determining, establishing 
and charging include means, operative in the 
event that said one subscriber utters prior to the 
establishment of said call a label of the associat- 
ed second group of labels, for identifying the as- 
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sociated one of said billing accounts as a function 
of the subscriber's speech signals identifying 
said uttered billing label and the associated group 
of voice templates characterizing said billing lab- 
els, and for then charging said call to said one bill- 5 
ing account rather than to said particular billing 
account 

12, The system set forth in claim 8 wherein each of 
said stored voice templates is formed from a par- 10 
ticular model of the associated subscriber's 
speech signals characterizing respective digits 

and wherein each of said subscriber identifiers is 
a multidigit number formed from ones of said dig- 
its - * 15 

13. The system set forth in claim 8 wherein each of 
said identifiers is a multidigit number and wherein 
said each of said voice templates is formed from 
particular models of the associated subscriber's 20 
speech signals characterizing the digits forming 

the associated identifier and wherein said means 
for verifying includes means, operative in the 
event that said received identifier is character- 
ized by signals other than speech signals but 25 
which characterize the digits of the received iden- 
tifier, for transmitting a series of random digits to 
said caller and prompting said caller to say each 
digit of the transmitted series, and for then veri- 
fying that said caller is associated with the re- 30 
ceived identifier as a function of said caller's 
speech signals characterizing respective digits of 
said series and the models of corresponding dig- 
its contained in the associated voice template. 

35 

14. The system setforth in claim 10 including means, 
operative if said caller is found to be associated 
with said same identifier, for presenting to said 
caller prior to establishing said call an indication 
as to the number of messages, if any, that are 40 
stored in an associated voice messaging service 
for said one subscriber. 
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